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METHODS AND APPARATUS FOR PROVIDING 
VOLUME CONTROL IN COMMUNICATIONS SYSTEMS 
INCLUDING A LINEAR ECHO CANCELER 

Field of the Invention 

The present invention relates to communications systems, and more 
particularly, to volume control in communications systems including one or more 
linear cancelation devices. 

Back ground of the Invention 

Many bi-directional communications systems of today utilize some form of 
echo and/or noise suppression. For example, many handsfiree telephones now 
include a linear echo canceler to prevent loudspeaker output from being fed back 
to a proximate microphone, as such feedback can be annoying or even intolerable 
to a far-end telephone user. U.S. Patent Application Serial No. 09/005,145, filed 
January 9, 1998 and entitled Methods and Apparatus for Providing Comfort Noise 
in Communications Systems, includes a detailed description of the implementation 
and advantages of such echo cancelation. 

In addition to echo and noise suppression, loudspeaker volume control is 
also an important design consideration in the context of handsfiree telephony. For 
typical applications, the loudspeaker volume control signal must compensate for a 
variety of factors, including component gain tolerances on both the transmitting 
and receiving sides of a communications link (typically in the range of +/-10 dB), 
voice power differences between human users (from -13 dB for a soft female to 
+8 dB for a loud male relative to a nominal male voice), varying loudspeaker 
distances across different installations (typically +/- 12 dB for a 10-160 cm range 
in an automobile), and changes in background noise (typically 0-12 dB 
compensation for an automobile). When all such gain variations are considered, a 
volume control range of 77 dB is conceivable. 



WO 00/70853 



PCT/US00/06716 



-2- 

In conventional handsfiree equipment, volume control is performed 
exclusively in the analog domain. In other words, a single adjustable-gain analog 
multiplier, or programmable gain amplifier (PGA), is used to adjust the amplitude 
of an analog loudspeaker feed signal. However, typical programmable gain 
amplifiers have nowhere near 77 dB of dynamic range. More often, 
programmable gain amplifiers include a dynamic range on the order of 20-25 dB. 

While such range is perhaps sufficient for handheld applications (where the 
loudspeaker is at a fixed location relative to the user's ear, and where the 
telephone body blocks out most background noise from the user's ear), it is 
usually quite insufficient for handsfree applications, especially in automobiles. As 
a result, the telephone user experiences the product as not loud enough for a soft 
female voice in a noisy car with the loudspeaker at the farthest supported distance, 
or as too loud for a strong male voice in a quiet car with the loudspeaker at the 
closest supported distance, or both. 

To compensate for this problem, some digital handsfree telephones of 
today include both analog and digital volume control. Such phones not only 
provide an adjustable-gain analog multiplier for the analog loudspeaker feed 
signal, but also include an adjustable-gain digital multiplier for adjusting the 
corresponding digital audio signal prior to digital-to-analog conversion. 
Consequently, these phones could provide an overall dynamic range more on the 
order of the above described 77 dB requirement. 

Irrespective of whether the telephone employs analog-only volume control 
or dual analog and digital volume control, however, conventional volume control 
techniques can have a deleterious effect on telephone operation. For example, 
conventional techniques can lead to analog and/or digital signal clipping which can 
in turn significantly degrade the performance of a linear echo canceler. 
Moreover, analog gain changes made during a telephone call cause a linear echo 
canceler to retrain and therefore also result in periods of reduced echo cancelation. 
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Consequently, there is a need for improved techniques for providing 
volume control in communications devices incorporating a linear canceler. 

^Summary o f the Invention 

The present invention fulfills the above-described and other needs by 
providing volume control techniques, wherein both analog and digital multipliers 
are used to adjust a loudspeaker input signal, and wherein analog volume 
adjustments are disabled during telephone calls. According to the invention, user 
adjustments to both the digital and analog gains are permitted when no call is in 
progress (e.g., during standby mode or at telephone installation), but only 
adjustments to the digital gain are permitted during a call. By providing dual 
(digital and analog) user controls, one of which is disabled when a call is in 
progress, embodiments of the invention provide the wide dynamic range required 
in handsftee applications while avoiding the pitfalls associated with conventional 
techniques. For example, volume adjustments made in accordance with the 
invention do not degrade linear echo canceler performance. 

In an exemplary embodiment, a bi-directional communications device 
according to the invention includes a near-end signal processing path and a far-end 
signal processing path, the far-end signal processing path including a digital- 
domain multiplier and an analog-domain multiplier, and an echo canceler 
receiving a far-end digital reference signal from the far-end signal processing path 
and providing an echo estimate to the near-end signal processing path. According 
to the embodiment, both an analog gain factor of the analog-domain multiplier and 
a digital gain factor of the digital-domain multiplier are adjustable in dependence 
upon user input when users of the device are not communicating with one another 
via the device. However, when users of the device are communicating with one 
another via the device, the analog gain factor of the analog-domain multiplier is 
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fixed while the digital gain factor of the digital-domain multiplier remains 
adjustable in dependence upon user input. 

An exemplary method of processing signals in a telephone, the telephone 
including near-end and far-end signal processing paths and an echo canceler, and 
the far-end signal processing path including a digital domain multiplier and an 
analog domain multiplier, includes the steps of determining whether a telephone 
call is in progress, permitting adjustments of both a digital gain of the digital 
domain multiplier and an analog gain of the analog domain multiplier when the 
determination is negative, and permitting adjustments of the digital gain while 
blocking adjustments of the analog gain when the determination is affirmative. 

The above-described and other features and advantages of the invention are 
explained in detail hereinafter with reference to the illustrative examples shown in 
the accompanying drawings. Those of skill in the art will appreciate that the 
described embodiments are provided for purposes of illustration and understanding 
and that numerous equivalent embodiments are contemplated herein. 

Brief Description of the Drawings 

Figure 1 is a block diagram of an exemplary communications device in 
which the volume control techniques of the invention can be implemented. 

Figures 2 and 3 are flow diagrams depicting steps in exemplary volume 
control algorithms according to the invention. 

Detailed Description of the Invention 

Figure 1 depicts a bi-directional communications device 100 (e.g., a 
handsfree telephone) in which the volume control techniques of the invention can 
be implemented. As shown, the exemplary communications device 100 includes a 
microphone 110, an analog-to-digital converter 120, an echo canceler including a 
summing device 130 and a finite impulse response (FIR) filter 140, an adjustable- 
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gain digital multiplier 150, a clipping and truncation processor 160, a digital-to- 
analog converter 170, an adjustable-gain analog multiplier 180, a power amplifier 
190, and a loudspeaker 195. Those of skill in the art will appreciate that the 
below described functionality of the components of Figure 1 can be implemented 
using a variety of hardware configurations, including a general purpose digital 
computer, standard digital signal processing components, and one or more 
application specific integrated circuits (ASICs). In practice, the analog-to-digital 
converter 120, the digital-to-analog converter 170, and the adjustable-gain analog 
multiplier 180 are typically combined in a single integrated circuit which is 
referred to in the art as a codec. 

In Figure 1, an analog audio output of the microphone 110 is coupled to an 
input of the analog-to-digital converter 120, and an output of the analog-to-digital 
converter 120 is coupled to an additive input of the summing device 130. An 
output of the summing device 130 is fed back to a control input of the FIR filter 
140 and serves as a digital audio output for the communications device (e.g., for 
transmission across the air interface for presentation to a far-end user). 

Additionally, a digital audio input (e.g., a far-end signal received via the 
air interface) is coupled to an input of the adjustable-gain digital multiplier 150, 
and an output of the adjustable-gain digital multiplier 150 is coupled to an input of 
the clipping and truncation processor 160. An output of the clipping and 
truncation processor 160 is coupled to an audio input of the FIR filter 140 and to 
an input of the digital-to-analog converter 170. An output of the digital-to-analog 
converter 170 is coupled to an input of the adjustable-gain analog amplifier 180, 
and an output of the adjustable-gain analog amplifier 180 is coupled to an input of 
the power amplifier 190. An output of the power amplifier 190 is coupled to an 
input of the loudspeaker 195 for presentation to a near-end user of the 
communications device 100. 
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In operation, the microphone 1 10 picks up near-end user speech, near-end 
background noise and echo from the loudspeaker 120. The resulting analog 
microphone output signal is then converted to the digital domain, via the analog- 
to-digital converter 120, and fed to the additive input of the summing device 130. 
Additionally, a digital estimate of the loudspeaker echo is fed to the subtractive 
input of the summing device 130 and removed, or canceled, from the digital 
microphone signal to provide an echo-canceled near-end signal for transmission. 

At the same time, a digital far-end signal is received and amplified by a 
user-adjustable digital gain factor G d via the analog multiplier 150. The amplified 
analog signal is then clipped and truncated, via processor 160, and fed to both the 
FIR filter 140 and the digital-to-analog converter 170. Clipping and truncation 
ensures that the digital signal matches the dynamic range and number of bits of the 
digital-to-analog converter 170, as is well known in the art. The digital-to-analog 
converter 170 then translates the clipped and truncated signal to the analog 
domain, and the FIR filter 140 processes the clipped and truncated signal to 
provide the echo estimate. Output of the digital-to-analog converter 170 is 
amplified by a user-adjustable gain factor G a , via the analog multiplier 180, and 
the resulting amplified analog signal is fed through the power amplifier 190 and to 
the loudspeaker 195 for presentation to the near-end user. 

A detailed description of operation of the FIR filter 140 is provided in the 
above cited U.S. Patent Application Serial No. 09/005,145. Briefly, filter 
coefficients or taps of the FIR filter 140 are dynamically adjusted in accordance 
with an adaptive algorithm (e.g., the well known Least Mean Squares or 
Normalized Least Mean Squares algorithms) so that the transfer function of the 
filter 140 continually tracks that of the analog echo path (i.e. , the path from the . 
digital-to-analog converter 170, through the amplifiers 180, 190 and the 
loudspeaker 120, back through the microphone 110, and to the analog-to-digital 
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converter 120). Thus, output of the FIR filter 120 is an approximation of the echo 
component of the microphone output signal. 

However, upon system initialization, and whenever the echo path changes 
(e.g., when the near-end user moves), a finite-duration training period will elapse 
before the filter transfer function closely matches the echo path (and thus before 
the echo estimate is a good approximation of the true echo). Also, any signal 
non-linearities introduced by the analog components in the echo path (e.g., analog 
clipping introduced by the power amplifier 195) will cause the echo canceler to 
train falsely and can therefore result in an echo estimate of poor quality. 

According to the invention, the digital and analog gain factors G d , G a are 
adjusted via separate near-end user volume controls (e.g., using designated 
volume control keys or by selecting menu options on a telephone display). This is 
in contrast to conventional handsfree devices in which volume control is 
accomplished using a single analog multiplier (e.g., the multiplier 180 of 
Figure 1). In such conventional systems, the digital multiplier 150 and the signal 
conditioning processor 160 are omitted, and no digital clipping occurs. 
Moreover, truncation occurs only when the digital-to-analog converter (e.g., the 
converter 170 of Figure 1) has fewer bits than the received digital signal. Thus, 
the conventional approach minimizes distortion by utilizing the entire range of the 
digital-to-analog converter for all volume settings. 

However, as is noted in the above Background of the Invention, the 
conventional approach fails to provide adequate dynamic range for many 
handsfree applications. Additionally, while typical volume controls in the analog 
domain provide good linearity for a nominal signal at the nominal volume control 
setting, peak signals often get clipped at higher volume settings. Such analog 
clipping represents a severe non-linearity for the echo canceler and, as described 
above, causes a degradation in echo canceler performance. The result for the far- 
end user is that echo cancelation is lessened for peak far-end signals (i.e., 
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precisely when echo suppression is most needed), the degradation lasting for some 
time after each peak signal as the echo canceler recovers after having falsely 
trained on the temporarily non-linear echo path. 

Note also that a change in the analog gain factor G a represents a change in 
the overall echo path gain. Consequently, the echo canceler must retrain each 
time the analog gain factor G a is adjusted. When such changes are made during a 
telephone call, the far-end user will hear degraded echo suppression until the 
retraining is complete. This can be particularly annoying when it happens several 
times during a call, as the near-end user repeatedly changes the volume control. 
While it is possible for the echo canceler to instantaneously rescale its coefficients 
to offset a change in volume, typical tolerances for programmable gain amplifiers 
make such an approach impractical. For example, a 2 dB (25.9%) error in the 
analog gain can degrade the echo suppression to worse than 11.7 dB (100/25.9). 

Another problem associated with making analog gain changes during a call 
relates to the programming operation of many of today's codecs. Specifically, the 
programmable analog gain setting for many codecs can be changed only during a 
programming mode of operation following a codec reset. In other words, once 
such a codec is set to data mode (i.e., normal running mode), it must be reset 
before the programmable gain setting can be changed. Such resetting of the codec 
reduces the overall quality of performance for the near-end user, as each change 
in volume results in a drop-out in loudspeaker audio. 

More recent telephones have included both analog and digital volume 
controls to address the above described deficiency relating to dynamic range. In 
other words, such phones include both a digital multiplier and an analog multiplier 
(e.g., the multipliers 150, 180 of Figure 1) so that volume control can be used to 
compensate for a broader range of sound variation. However, such telephones 
still suffer from the above described deficiencies relating to analog gain changes 
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(i.e., echo canceler performance degradations due to analog clipping and mid-call 
gain adjustments, as well as loudspeaker dropouts due to resetting of a codec). 

Advantageously, embodiments of the invention avoid all of the above 
described problems by utilizing both the digital and analog multipliers 150, 180 
for volume control generally, while permitting only digital gain changes during a 
call. Since changes in the digital gain factor G d do not affect the echo path gain 
between the loudspeaker reference signal and the digitized microphone signal 
(i.e., between the input to the digital-to-analog converter 170 and the output from 
the analog-to-digital converter 120), the echo canceler never needs to retrain 
during a call as a result of volume control adjustments. Thus, the far-end user 
does not perceive degradation of the echo cancelation during a call. Moreover, 
since the analog gain factor G a is constant during a call, the codec need not be 
reset and reprogrammed, and the near-end user does not perceive drop-outs in the 
loudspeaker audio. 

Figure 2 depicts steps in an exemplary method 200 incorporating the above 
described aspects of the invention. The method 200 can be implemented, for 
example, via a volume control processor within the handsfree device 100 of 
Figure 1 (i.e., a processor which receives user inputs, for example via a volume 
control key and/or a display menu, and adjusts the analog and digital gain factors 
G a , G d accordingly). 

In the figure, the exemplary method 200 begins at step 210 (e.g., upon 
powering up of the device 100), and at step 220 a determination is made as to 
whether a call is in progress. If not, then changes to both the analog and digital 
gain factors G a , G d are permitted at step 230, and processing returns to step 220. 
If a call is in progress, however, then only changes to the digital gain factor G d 
are permitted at step 240, and processing again returns to step 220. The process 
200 then repeats indefinitely (e.g., until the device 100 is powered down). 
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According to the invention, the analog gain factor G a can be used to make 
coarse volume adjustments (e.g., to compensate for factors that will be constant 
for a particular telephone and/or a particular installation, such as telephone 
receiver gain and loudspeaker distance from the near-end user), while the digital 
gain factor G d can be used to make finer volume changes (e.g. to compensate for 
variable factors, including near-end background noise and far-end user speech 
levels). By permitting coarse analog gain adjustments only when the telephone is 
idle (i.e. , when no call is in progress), and by permitting finer digital gain 
adjustments at any time, a telephone constructed according to the invention can 
provide a wide dynamic range without introducing the above described problems 
relating to echo canceler degradation and loudspeaker audio dropout. 

Advantageously, the analog gain factor G a can be adjusted in a number of 
ways. For example, the analog gain factor G a can be set manually during 
telephone installation or re-calibration (e.g., via a menu option on the telephone 
display). Thereafter, the digital gain factor G d alone is used to compensate for 
variations in the received signal and/or the prevailing background noise (e.g., via 
a designated telephone key, button, or other suitable input mechanism). 

Alternatively, adjustment of the analog gain factor G a can be automated 
based on the volume habits of the near-end user. In other words, changes to the 
analog gain factor G a can be made between calls based on a habit-tracking 
algorithm which determines how the user typically sets the volume (i.e., the 
digital gain factor G d ) during calls. Advantageously, such automation provides an 
optimum coarse volume setting without requiring input of the user at installation. 

An exemplary habit-tracking algorithm according to the invention steps the 
analog gain factor G a up or down when the user consistently uses, respectively, 
the highest or lowest range of the digital volume control. Figure 3 depicts an 
example of such a method of habit tracking. The exemplary method 300 can be 
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implemented, for example, via a volume control processor within the handsfree 
device 100 of Figure 1. 

In the figure, processing begins at step 310 (e.g., upon powering up of the 
telephone 100 or at any other time when the telephone 100 is on but idle, perhaps 
at the conclusion of each call), and a determination is made at step 320 as to 
whether a call has been conducted since a last coarse volume adjustment (i.e., 
since a last change in the analog gain factor G a ). If not, then no coarse adjustment 
is made, and processing ends at step 370. However, if a call has been completed 
since a last coarse adjustment, then a determination is made at step 330 as to 
whether the digital volume control (i.e., the digital gain factor G d ) was kept in a 
maximum range during the call (indicating that the loudspeaker output was 
generally insufficient during the call). 

If so, then the analog gain factor G a is incremented at step 340, and 
processing ends at step 370. Otherwise, a determination is made at step 350 as to 
whether the digital volume control was kept in a minimum range during the call 
(indicating that the loudspeaker output was generally too loud during the call). If 
so, then the analog gain factor G a is stepped down at step 360, and processing 
ceases at step 370. Otherwise, the analog gain factor G a is not changed, and 
processing ceases directly at step 370. 

According to the invention, the analog gain factor G a can be set (manually 
or automatically) to minimize clipping and truncation distortion at the output of 
the conditioning processor 160. Note, however, that any distortion existing in the 
digital output of the conditioning processor 160 does not affect the echo path, and 
will thus not cause the echo canceler to diverge (i.e., falsely train away from the 
true echo transfer function). 

In addition to freezing analog gain adjustments during a call, the present 
invention also discloses that signal non-linearities (and corresponding echo 
canceler degradations) can be avoided by calibrating the power amplifier 190 and 
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the analog multiplier 180 (e.g., within a codec) such that clipping can never occur 
in the analog domain for any possible analog gain factor G a . Advantageously, the 
analog gain calibration can also ensure that the power rating for the loudspeaker 
195 is never exceeded under any possible signal conditions (as exceeding the 
power rating also introduces signal non-linearities). 

The above described embodiments of the invention provide a number of 
advantages as compared to conventional volume control systems. For example, 
the analog gain factor G a can be lowered to reduce idle noise at the loudspeaker 
(such idle noise resulting, for example, from a sigma-delta digital-to-analog 
converter). This can be especially useful for installations where the loudspeaker is 
positioned close to the user's ear. By way of contrast to the invention, systems 
which use only a digital gain factor for volume control cannot provide this benefit. 

Additionally, systems which use only a digital gain factor for volume 
control also suffer from increased quantization distortion as the volume decreases 
(as the digital signal occupies fewer bits of the digital-to-analog converter). By 
way of contrast, the invention utilizes the analog gain factor G a as well, and 
thereby allows the digital signal to fill the range of the digital-to-analog converter. 

Moreover, systems which use only an analog gain factor for volume 
control often clip the analog audio signal at high volume settings. As noted 
above, this causes the echo canceler to diverge and be less effective. By way of 
contrast, the present invention allows the digital gain G d to be higher than unity, 
with digital-domain clipping that does not negatively affect the echo canceler. 

Additionally, systems that use only an analog gain factor for user volume 
control cause the echo canceler to retrain and be less effective every time the 
volume control is changed by the user during a call. By way of contrast, the 
present invention only varies the digital gain factor G d during a call and thereby 
avoids mid-call divergence of the echo canceler. 
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Further, systems that use only an analog gain factor for volume control 
sometimes have negative implications for the codec. For example, to allow gain 
changes on the fly, such systems may require a data format that includes at least 
one control bit, thus reducing the number of bits available for the signal (which 
means increased distortion) and increasing complexity in the interface program. 
Also, as noted above, allowing gain changes on the fly may involve resetting the 
codec each time the gain is to be reprogrammed (resulting in dropouts in the 
loudspeaker audio). By way of contrast, the invention varies only the digital gain 
factor G d during a call, and thereby avoids such problems. 

Those skilled in the art will appreciate that the present invention is not 
limited to the specific exemplary embodiments which have been described herein 
for purposes of illustration and that numerous alternative embodiments are also 
contemplated. For example, although the embodiments are described with respect 
to an acoustic echo canceler, the volume control techniques of the invention are 
equally applicable to network echo cancelers (which are used, for example, to 
cancel echoes resulting from impedance mismatches at hybrid junctions between 
digital devices and analog networks). The scope of the invention is therefore 
defined by the claims appended hereto, rather than the foregoing description, and 
all equivalents which are consistent with the meaning of the claims are intended to 
be embraced therein. 
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Claims: 

1. A bi-directional communications device, comprising: 

a digital multiplier receiving a far-end digital input signal and 
scaling the far-end digital input signal by a digital gain factor to provide a far-end 
digital reference signal; 

a digital-to-analog converter receiving the far-end digital reference 
signal and processing the far-end digital reference signal to provide a far-end 
analog reference signal; 

an analog multiplier receiving the far-end analog reference signal 
and scaling the far-end analog reference signal by an analog gain factor to provide 
a far-end analog output signal for presentation to a near-end user; 

an analog-to-digital converter receiving a near-end analog input 
signal and digitizing the near-end analog input signal to provide a near-end digital 
input signal, the near-end digital input signal including an echo component 
resulting from coupling of the far-end analog output signal through an echo path 
to the analog-to-digital converter; and 

a linear echo canceler receiving the far-end digital reference signal, 
processing the far-end digital reference signal to provide an estimate of the echo 
component of the near-end digital input signal, and subtracting the estimate from 
the near-end digital input signal to thereby provide an echo-canceled near-end 
digital output signal for presentation to a far-end user, 

wherein both the analog gain factor and the digital gain factor are 
variable in dependence upon near-end user input when the near-end and far-end 
users are not communicating with one another via the device, and wherein the 
analog gain factor is fixed and the digital gain factor is variable in dependence 
upon near-end user input when the near-end and far-end users are communicating 
with one another via the device. 
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2. The communications device of claim 1, wherein said 
communications device is a telephone and wherein the analog gain factor is fixed 
during calls between the near-end and far-end users. 

3. The communications device of claim 2, wherein said linear echo 
canceler is an acoustic echo canceler. 

4. The communications device of claim 3, wherein the far-end analog 
output signal is amplified and fed to a loudspeaker for presentation to the near-end 
user, and wherein the echo component of the near-end digital input signal results 
from acoustic coupling between the loudspeaker and a near-end microphone. 

5. The communications device of claim 2, wherein said linear echo 
canceler is a network echo canceler. 

6. The communications device of claim 5, wherein the far-end analog 
output signal is fed to a hybrid junction for transmission across a network to the 
near-end user, and wherein the echo component of the near-end digital input 
signal results from an impedance mismatch at the hybrid junction. 

7. The communications device of claim 1, wherein the analog gain 
factor is adjusted during calibrations of said device and fixed otherwise. 

8. The communications device of claim 1, wherein the analog gain 
factor is automatically adjusted between successive user communications. 

9. The communications device of claim 8, wherein adjustment of the 
analog gain factor is based upon volume control habits of the near-end user. 
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10. The communications device of claim 9, wherein the analog gain 
factor is incrementally increased following communications during which a near- 
end volume control signal is maintained at a maximum level. 

1 1 . The communications device of claim 9, wherein the analog gain 
factor is incrementally decreased following communications during which a near- 
end volume control signal is maintained at a minimum level. 

12. The communications device of claim 1, wherein the far-end digital 
reference signal is clipped and truncated prior to being input to said digital-to- 
analog converter and to said linear echo canceler, and wherein the analog gain 
factor is fixed during communications so as to minimize clipping and truncation 
distortion of the far-end digital reference signal. 

13. The communications device of claim 1, wherein the far-end analog 
output signal is amplified via a power amplifier prior to presentation to the near- 
end user, and wherein the power amplifier and the analog multiplier are calibrated 
in tandem to prevent analog clipping during user communications. 

14. The communications device of claim 1, wherein said linear echo 
canceler is a Least Mean Squares echo canceler. 

15. The communications device of claim 1, wherein said linear echo 
canceler is a Normalized Least Mean Squares echo canceler. 

16. A bi-directional communications device, comprising: 
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a near-end signal processing path and a far-end signal processing 
path, the far-end signal processing path including a digital-domain multiplier and 
an analog-domain multiplier; and 

an echo canceler receiving a far-end digital reference signal from 
the far-end signal processing path and providing an echo estimate to the near-end 
signal processing path, 

wherein both an analog gain factor of said analog-domain multiplier 
and a digital gain factor of said digital-domain multiplier are adjustable in 
dependence upon user input when users of said device are not communicating with 
one another via the device, and 

wherein the analog gain factor of said analog-domain multiplier is 
fixed and the digital gain factor of said digital-domain multiplier is adjustable in 
dependence upon user input when users of said device are communicating with 
one another via the device. 

17. A method of processing bi-directional communication signals, 
comprising the steps of: 

fixing a value of an adjustable analog gain factor; 
receiving a far-end digital input signal; 

multiplying the far-end digital input signal by an adjustable digital 
gain factor to provide a far-end digital reference signal; 

translating the far-end digital reference signal to the analog domain 
to thereby provide a far-end analog reference signal; 

multiplying the far-end analog reference signal by the fixed-value 
analog gain factor to provide a far-end analog output signal; 

receiving a near-end analog input signal, the near-end analog input 
signal including an analog echo component resulting from coupling of the far-end 
analog output signal through a near-end echo path; 
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digitizing the near-end analog input signal to provide a near-end 
digital input signal, the near-end digital input signal including a digital echo 
component corresponding to the analog echo component of the near-end analog 
input signal; 

processing the far-end digital reference signal to provide an 
estimate of the digital echo component of the near-end digital input signal; and 

subtracting the estimate of the digital echo component from the 
near-end digital input signal to provide a near-end digital output signal. 

18. A method of processing signals in a telephone, the telephone 
including near-end and far-end signal processing paths and an echo canceler, the 
far-end signal processing path including a digital domain multiplier and an analog 
domain multiplier, the method comprising the steps of: 

determining whether a telephone call is in progress; 

permitting adjustments of a digital gain of the digital domain 
multiplier and permitting adjustments of an analog gain of the analog domain 
multiplier when said determination is negative; and 

permitting adjustments of the digital gain of the digital domain 
multiplier and blocking adjustments of the analog gain of the analog domain 
multiplier when said determination is affirmative. 
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